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(57) ABSTRACT

A proxy-based, nonlinear editing system and method with
improved audio level controls is provided. The system
includes a proxy file generator, an audio summary file gen-
erator that assigns a single audio level for each proxy file
video frame, a web user interface having a visual display, and
a digital controller. Whenever a proxy file selected for display
on the visual display, the digital processor simultaneously
provides a graph of the associated audio summary file. The
digital processor serially connects, on the same axes, the
audio graphs of proxy files being assembled into an edited
product, marks the location of audio “spikes”, and provides
the web user interface with controls for adjusting the audio
level of all or a portion of the audio graphs.
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1
NONLINEAR PROXY-BASED EDITING
SYSTEM AND METHOD HAVING IMPROVED
AUDIO LEVEL CONTROLS

FIELD

This invention generally relates to nonlinear editing sys-
tems for audio-visual media files, and is particularly con-
cerned with a proxy-based, nonlinear editing system and
method with improved audio level controls for improving
work efficiency.

BACKGROUND

Nonlinear editing (NLE) systems are well known in the
prior art, and are used in the news rooms of television broad-
casting stations to assemble video clips for news stories from
a variety of different electronic media files. As the name
implies, NLE systems enable direct access to any frame in a
digital video clip without the need to play or shuttle through
adjacent footage to reach it, as was necessary with older
videotape editing systems. In operation, all of the raw or
source media files associated with a particular news story are
imported into a source media repository. This is typically
accomplished by connecting the removable memory media of
afile-based digital video camera to the memory card reader of
acomputer. The removable memory media may take the form
of solid state electronic memory devices, hard disks, or
removable disks, but will hereafter be referred to as memory
cards. A user inserts the memory card from the camera into
the card reader of a computer and copies the file contents of
the memory card into shared local or network file storage
which will hereafter be referred to as a repository. The editor
reviews the source media files associated with the particular
news story on the viewing screen of an editing terminal and
performs editing actions which cause the system to generate
an Edit Decision List (EDL) which specifies which parts of
which clips are connected and in what order. The final clip is
created by selective electronic copying and pasting together
portions of the source media files stored in the repository. This
process may also include the application of various digital
effects such as filters, dissolves, fades, or image overlays.

NLE systems obviate the need for the time-consuming act
of mechanically cutting and splicing together the originals of
the video tape or film negatives. Moreover, because the EDL
is executed only by reading the source media files and not
writing to them, no portion of the source media files stored in
the repository is destroyed or changed as aresult of the editing
operation. Hence the source media files stored in the reposi-
tory may be re-edited into as many different versions as
desired.

Proxy-based NLE systems are also known in the prior art.
Such systems were developed upon the realization that it is
not necessary for the editor to view the original high defini-
tion, high-bandwidth media file in generating the EDL.
Instead, a low-resolution proxy file may be used for such
purposes. In operation, the low-resolution proxy file is gen-
erated and stored soon after the raw, high-resolution media
file is exported into the source media repository ofthe system.
Whereas non-proxy based NLE systems require powerful
workstations to perform editing operations on full-size source
video files, proxy-based systems can run on relatively inex-
pensive computers because of the comparatively small size of
the proxy files. In proxy-based systems, the computationally
intensive work of producing the proxies and the final output is
usually done centrally on powerful shared servers. The ability
of such proxy media files to be easily and quickly down-
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2

loaded, uploaded and viewed over local networks or the
broader Internet conveniently allows an editor to efficiently
generate an EDL from any web-connected location via a
laptop or desk top computer.

SUMMARY

Despite the many advantages associated with proxy-based
NLE systems, the applicant has observed a number of short-
comings in the volume controls of such prior art systems that
make it difficult and time consuming for the editor to provide
a balanced and uniform sound track for the final edited prod-
uct. Different video clips have perceptibly different average
audio levels as a result of the environment that the video
recording was made in (e.g. a noisy factory vs. a sound-
controlled studio), the subject matter of the video clip (e.g.
studio interview vs. fire trucks rushing to a burning building)
as well as the distance, placement, and sensitivity of the
microphones used to record the sounds. Accordingly, when
stringing together various video clips into a final product, the
editor often must include a number of audio level adjustment
decisions in the EDL in order to avoid abrupt differences in
the audio levels at transition points between the clips, and to
maintain a substantially uniform audio level throughout the
finished product.

Additionally, the audio track may include spurious “sound
spikes” that must be either substantially reduced or elimi-
nated in order produce a high quality final product. Such
sound spikes may arise, for example, from an inadvertent
bumping or knocking over of a microphone, or the dropping
of'a book or other object during a studio interview. In many
prior art proxy-based NLE systems, such spurious sound
spikes can only be detected by scrolling through the indi-
vidual video clips and adjusting or eliminating them on an ad
hoc basis. One possible solution to this problem might be the
generation of a sound graph for each video clip that displays
audio amplitude over time. The editor could then quickly
scroll through the video frames on either side of the sound
spike to determine if the spikes were legitimate (such as gun
shots in a war documentary) or spurious (such as a bumped
microphone) and make appropriate volume adjustments.
However, the density of the audio data present even on proxy
files (typically 705,600 bits/second) makes it difficult to per-
ceive problematical sound spikes along the time line of such
a graph. Since any graphical display of audio levels would
have to encompass at least several minutes of sound track at
one time to be useful, any such graphical display would
include millions of sample points. While the problem might
be solved by generating an audio summary that greatly
decreases the density of the sample points, the manner in
which such a summary file is generated would be critical to
the overall success of such an approach. For example, if the
summary file were generated by a simple averaging the
sample audio levels for each video frame, such averaging may
“mask” a sound spike that lasts only a few milliseconds in a
frame having mostly low sound levels so that the spike does
not show up in the resulting audio graph. And even reducing
the number of sample points down to one sample point per
video frame would still result in a high data density along the
time line of an audio graph as video frames are played at a
speed of 30 frames per second.

Further compounding these difficulties is the fact that the
most preferred commercially-available software for video
playback on web browsers does not allow software executing
in the browser to have direct access to the audio stream being
played. So while the generation of a time/amplitude graph of
the audio file might be a good starting point in making audio
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editing decisions, it is impractical if not impossible for appli-
cation code executing on the browser to directly generate a
time/amplitude audio graph of the sound track associated
with a video source file in many of the presently available
proxy-based non-linear editing systems running in web
browsers.

Accordingly, there is a need for improved audio controls in
a proxy-based editing system that allows an editor to easily
correct abrupt differences in the audio levels at transition
points between video clips. Such audio controls should fur-
ther allow the editor to quickly and easily reduce or eliminate
spurious sound spikes without the need for scrolling com-
pletely through the series of video clips, and to otherwise
provide a balanced and uniform audio level throughout the
final edited product with a minimum amount of time and
effort.

To these ends, the non-linear editing system of the inven-
tion comprises a proxy file generator that generates a low
resolution proxy file of source video files containing both
video and audio information; an audio summary file genera-
tor that generates an audio summary file from the audio infor-
mation in the proxy file that provides a single audio level for
each video frame of the proxy file, and a web user interface
having a visual display for displaying a selected one of the
proxy files generated by the proxy file generator and its asso-
ciated audio summary file. The system further includes a
digital controller connected to the proxy file generator, the
audio summary file generator, and the web user interface that
automatically provides a graphic display of the audio sum-
mary file associated with the proxy file selected for display on
the visual display. Preferably the graphic display includes a
time axis in units of video frames, and an amplitude axis in
units of audio level.

The audio summary file generator preferably determines
the single audio level per video frame by selecting the highest
audio level within the frame that lasts at least long enough to
be perceived by human hearing. Accordingly, the summary
file generator selects the highest audio level that lasts at least
3 milliseconds, and more preferable at least 5 milliseconds.
Such a sampling process prevents the masking of sound
spikes which the editor may wish to attenuate or eliminate
which might otherwise occur if this single value were chosen
on the basis of an arithmetic mean or median of all of the
sample points within the frame. Additionally, as the percep-
tion of audio levels as sensed by human hearing is logarith-
mic, the audio graph expresses the value of the highest audio
level per frame in logarithmic units so that the audio levels
indicated along the vertical axis of the graph reflect the rela-
tive sound volumes perceived by a human listener.

The digital controller of the system further preferably pro-
vides a visual indication on the graphic display of the location
of every video frame or group of frames having an associated
audio level that is higher than a preselected maximum audio
level. Such a visual indication may take the form of arrows or
brackets located directly above the spike or group of spikes
which allows the editor to immediately identify the location
of potentially spurious loud noises in every video clip. The
digital controller may further provide a control function, such
as a zoom-in capability on the graphic display that allows a
user to selectively play only those portions of the video clip
surrounding the spike-containing frames and to make appro-
priate volume adjustments.

Finally, the digital controller allows the audio graphs of
several serially connected video clips to be displayed simul-
taneously and further provides control functions that allows
all or only a selected portion of the audio graph of a particular
video clip to be raised or lowered to quickly eliminate abrupt
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4

differences in the audio levels at transition points between the
clips, and to provide a substantially uniform audio level
throughout the finished product.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a schematic diagram of an example of the NLE
system that the inventive audio level controls are applied to;

FIGS. 2A-2C are a flowchart illustrating the process imple-
mented by the NLE system in generating and displaying an
audio summary file in association with proxy files being
displayed in a browser-based editing station;

FIG. 3 is a graph of the raw audio sample points present in
the sound track of the source file;

FIGS. 4A-4D illustrate how the audio digest server of the
NLE system processes the raw audio sample points associ-
ated with a source file into an audio summary file that may be
displayed simultaneously with a video clip at the editing
station of the NLE system;

FIG. 4E illustrates how the audio digest server automati-
cally flags each video frame or group of frames having audio
levels above a preselected maximum value;

FIGS. 5A and 5B illustrate the operation of the browser-
based audio level controls that an editor can use to uniformly
raise or lower the volume of a particular segment of the audio
graph;

FIGS. 6A and 6B illustrate how the operation of the
browser-based audio level controls can raise or lower the
volume of a particular segment of the audio graph in a ramp-
like fashion;

FIG. 7 is a screen shot of the editing station of the NLE
system showing how the editing station simultaneously dis-
plays the audio graphs of several serially connected video
clips, and provides browser-implemented controls that allow
an editor to eliminate abrupt volume changes at the transition
points between different video clips, raise or lower the sound
level of all or a portion of the audio graphs of difterent clips to
achieve the same sound volume throughout the edited prod-
uct, and to zoom into the frames of video clips having sound
spikes, and

FIG. 8 illustrates how an editor can use the zoom control of
the audio controls to selectively zoom into the video frames
immediately surrounding a sound spike in order to determine
whether the spike is spurious and should be edited out.

DETAILED DESCRIPTION OF THE
EMBODIMENTS

With reference now to FIG. 1, the NLE system 1 of the
invention includes an ingestion station 3 having a web
browser 5, a display screen 7, and a card reader 9 capable of
reading media files recorded onto memory cards. The inges-
tion station 3 further preferably includes a card monitor (not
shown) which senses when a memory card is inserted into the
card reader 9. The ingestion station 3 is connected to a web
server 10 via a computer communication network. The NLE
system 1 further includes an editing station 12 having a web
browser 14 and display screen 16 that is likewise connected to
the web server 10 as shown. The web server 10 is capable of
generating web pages dynamically in response to requests
from the browser 5 and browser 14. Such requests will typi-
cally require the web server 10 to collect information from
other servers in the system 1, and to combine and prepare that
data into web pages and data streams that may be used by the
browser 5 and browser 14. While the drawing shows only one
ingestion station 3 and one editing station 12, it should be
noted that an NLE system 1 having a multiplicity of ingestion
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stations 3 and editing stations 12 is within the scope of this
invention. Also, while the ingestion station 3 and the editing
station 12 are indicated as separate physical devices, it should
be noted that the browser 5 of the ingestion station 3 is capable
of presenting the editing web pages and thus may perform all
the functions of the editing station 12.

The system 1 further includes a file server 18 which satis-
fies requests to store or retrieve files or to provide metadata
about files. It is connected via a computer communication
network to the ingestion station 3 and web server 10. A proxy
creation server 19 is connected to the file server 18 as shown.
This server 19 creates a low-definition, low-bandwidth proxy
files of media source files imported into the file server 18, and
relays the proxy files back to the file server 18 for storage. The
proxy creation server 19 is further connected to a database
server 20, from which it retrieves “proxy job” instructions
that includes the identity of the source file within the file
server 18 that the proxy server 19 is to generate a proxy file of
and to which it records information about the result of the
proxy creation process. Because the system 1 is in fact a
distributed system with all the indicated servers having inter-
net access, the proxy creation server 19 may outsource the
large amount of computations necessary to generate a proxy
file from a source file to cloud computing. The proxy files
generated by the proxy creation server 19 are relayed to and
stored in the file server 18.

An audio digest server 21 is also connected to the file server
18 and the database server 20 as shown. The audio digest
server 21 receives instructions from the database server 20 to
select a particular video file stored file server 18 and to gen-
erate an audio digest of the sound data in the selected video
file. In the preferred embodiment, the audio level server 21 is
programmed to assign a single sound level for each frame in
the proxy file. A common digital encoding of audio in audio-
visual source files uses 44.1K samples per second with each
sample being an integer from -32K to +32K, requiring 16 bits
for each sample. Accordingly, 705,600 bits of sound infor-
mation are present in each second of a video source file. By
summarizing the samples down to a single number for each
frame of video (which is usually played at the rate of 30
frames per second), the sound data is reduced from 705,600
bits/second to 30x16=480 bits/second. The calculation of this
representative summary value can be made by applying one
of a number of algorithms as applicable for different situa-
tions. Since the use of an averaging algorithm could mask the
presence of a sound spike in a frame, a useful summarizing
algorithm might be the selection of the loudest sample point
or points within the frame. However, the applicant has
observed that the resulting selection could result in a “false
positive” as it is necessary for a sound to have a certain
minimum duration before is perceived by human hearing.
Accordingly, the preferred sound digest algorithm used by the
audio digest server 21 of the invention is the maximum sound
amplitude within the frame having a sufficiently long dura-
tion to be perceived by human hearing, e.g. at least about 3
milliseconds and more preferably about 5 milliseconds. This
particular algorithm will be used for the remaining discussion
and examples.

Since each frame in the video file contains about 2,133
bytes of sound information, a substantial amount of compu-
tational bandwidth is required to reduce the sound informa-
tion from 2,133 bytes to a single byte for each frame, regard-
less of what particular algorithm is used to generate the single
byte per frame. Accordingly, like the proxy creation server 19,
the audio digest server 21 may outsource the computations
necessary to generate an audio summary file to cloud com-
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puting. The audio summary file generated by the audio digest
server 21 are relayed to and stored in the file server 18.

A thumbnail creation server 22 is also connected to both
the file server 18 and the database server 20. This server 22
creates a thumbnail image or icon for each of the video clips
associated with a particular story. The thumbnail images
associated with all of the video clips held within a particular
story folder are shown on the display 16 of the editing station
12 when all of the proxy files, audio summary files and
thumbnails have been generated and stored in the file server
18. These thumbnail images help the editor identify the sub-
jectmatter of a particular video source file that a proxy file has
been generated for. The thumbnail typically includes a still
image made from one of the beginning frames of the source
file. Like the proxy creation server 19, the thumbnail creation
server 22 retrieves “thumbnail job” instructions from the
database server 20 that include the identity of the source file
within the file server 18 that the server 22 is to generate a
thumbnail or icon of.

Further included within the NLE system 1 are both an
ingestion services server 23 and a folder maintenance server
24. Both of these servers 23 and 24 are connected to the file
server 18 and the database server 20. The ingestion services
server 23 includes software that instructs it to (1) continu-
ously monitor new source files copied into the file server 18,
(2) make a record in the database server 20 of the name and
location of each new source file found, (3) create a “proxy
job” for each media file in the memory card, and store the
“proxy job” inthe file server 18, (4) create an “audio summary
job” for each media file in the memory card, and store the
“audio summary job” in the file server 18, (5) create an
“thumbnail job” for each media file in the memory card and
store the “thumbnail job” for each media file in the file server
18, (6) make a “media set” record in the database server 20
that contains references to the source file, and its associated
proxy file, audio summary file and thumbnail file such that the
locations of the files on the file server 18 can later be resolved,
and (7) automatically relay the completed proxy files, audio
summary files, and thumbnail from the file server 18 to the
editing station 12 via the web server 10. The folder mainte-
nance server 24 includes software to maintain the basic struc-
ture of the folders on the disc of the file server 18 to match the
folder identifiers and locations stored in the database server
20.

Finally, the NLE system 1 of the invention includes a
conforming server 26. The conforming server 26 receives the
Edit Decision List (EDL) generated by the user at the editing
station 12 which specifies which parts of which clips within
the source files are connected and in what order, as well as any
adjustments to the volume of the assembled clips. It may
further specify what if any special audio or video transforma-
tions or effects are to be applied to create the desired output.
Conforming server 26 then implements the EDL by selec-
tively copying portions of the source files within the file
server 18 and stringing these copied portions together and
making volume adjustments in accordance with the instruc-
tions in the EDL. The edited story version is again stored in
the file server under a unique name and location. Advanta-
geously, the original source files stored in the file server 18
remain entirely intact no matter how many edited versions are
generated from them.

The operation of the system 1 will now be described with
respect to FIGS. 2A-2C. In this mode of operation, the user
first inserts an SD card into the card reader 9 of the ingestion
station 3. The ingestion station 3 then displays the folder
structure of the files contained within the SD card on the
screen 7 as indicated in block 31. Simultaneously, the screen
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7 also displays an ingestion page from the Create® URL that
is relayed to the station 3 from the web server 10, as is
indicated in block 32. The display of the ingestion page
prompts the user to generate and name a new directory to
transfer the folders ofthe SD card into, as is indicated in block
42. To facilitate the transfer of the files from the SD card into
the directory generated by the user in block 42, the system
automatically generates a plurality of differently-named fold-
ers as is indicated in block 44. The user then manually copies
the files recorded on the SD card into the card folders of the
directory, as is indicated in block 46. Such a manual transfer
of'the files may be done via a “click and drag” operation from
the mouse of the web browser 5 of the ingestion station 3.

In the meantime, as is indicated in question block 48, the
ingestion services server 23 is constantly inquiring whether
or not the first source file of the SD card has been completely
copied into the auto-generated files created in block 44. If the
answer is “no” then the proxy creation server 19 takes no
action. But if the answer to the inquiry is “yes” then the
ingestion services server 23 instructs the proxy creation
server 19 to commence the generation of a proxy file of the
source file that has been completely copied into a folder in the
directory as indicated in block 50. The proxy creation server
19 relays the proxy file of the source file to the file server 18.
Atthe same time the ingestion services server 23 instructs (1)
the thumbnail creation server 22 to commence the generation
of a thumbnail representative of the video portion of the
source file (which is usually a low resolution copy of one of
the beginning frames of the video file) as indicated in block
52, and (2) the audio digest server 21 to generate an audio file
representative of the sound track of the source file as indicated
in block 53. The process for generating the audio summary
file will be discussed more in detail hereinafter with respectto
FIGS. 4A-4F. The thumbnails and audio digests are then
stored in the file server 18 and with the proxy file, as shown in
step 54. Finally, the proxy files, thumbnails and audio digests
are imported to the editing station 12 as indicated in block 56.
The manner in which these files are displayed is illustrated by
the screen shot of FIG. 7, which will also be discussed in
greater detail hereinafter.

FIGS. 3 and 4A-4E illustrate the manner in which the audio
digest server generates the summary audio file that is repre-
sentative of the sound track ofthe source file. FIG. 3 is a graph
of the raw audio sample points present in the sound track of
the source file, with the vertical or y axis representing ampli-
tude in units of fluid pressure on an absolute scale ranging
from -32K to +32K, and the horizontal or x axis representing
time in terms of sample points that are taken at a frequency of
44,100 samples per second. Accordingly, the 32K samples
shown along the x axis of the graph represent about three
quarters of a second. The sound values vertically oscillate
between positive and negative values since sound is a pressure
wave that oscillates between positive and negative pressure.
The density of sample points is approximately 705,600 bits/
second. Note the sound spikes occurring at about 1200 and
7400.

The first step in creating an audio summary file of the audio
source file is to apply a root mean square transformation of the
raw audio data illustrated in FIG. 3. FIG. 4A is a graph of the
resulting audio file. The application of such a root mean
square transformation with a 50 millisecond window trans-
forms all of the audio levels shown in the graph of FIG. 3 into
positive pressure values, thereby smoothing the graph and
halving the vertical scale of the graph. However, since the
video files are played at thirty frames per second, each frame
contains 1,470 sample points, which is much too dense to be
usable for editing purposes. Accordingly, a way to reduce the
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sound data to single sample per frame must be found that does
not “mask” the relatively short duration sound spikes occur-
ring at sample numbers 1200 and 7400.

In the preferred audio digest algorithm of the invention, a
single audio value is assigned to each video frame on the basis
of the maximum sound amplitude within the frame having a
sufficiently long duration to be perceived by human hearing,
e.g. at least about 3 milliseconds and more preferably about 5
milliseconds. When such an algorithm is applied to the 1,470
sample points for each frame, the result is illustrated in the
graph of FIG. 4B. Note how the sound spikes occurring at
sample numbers 1200 and 7400 (and contained within video
frames 1 and 6 respectively) determine the heights of the
resulting column graphs for video frames 1 and 6, thus mak-
ing these points in the audio graph easier to visually perceive.
The use of such an algorithm effectively avoids the “mask-
ing” of short duration loud sounds that might otherwise occur
if a simple averaging-type algorithm were applied. In the
present example, each of the sound spikes occurring at
sample numbers 1200 and 7400 is about 250 samples wide,
while the sound levels on either side of these spikes is sub-
stantially lower. Since samples are being taken at the rate of
44,100 per second, each sound spike is about 5 milliseconds
in duration. By contrast, at 30 frames per second the sound
track for each frame lasts about 33 milliseconds. According,
the excessively loud noise in frames 1 and 6 accounts for only
about 5/33=15% of the total sample points in the frame. If the
other 85% of the audio sample points are moderate to low, it
is easy to see how the averaging all of the audio sample points
of a single audio frame would effectively mask the presence
of the sound spike.

In FIG. 4C, the audio graph of FIG. 4B has been modified
by replacing the pressure units of the vertical axis with loga-
rithmic units, i.e. DbFs (decibels full scale) so that the audio
levels indicated along the vertical axis of the graph reflect the
relative sound volumes perceived by a human listener. While
such processing has the effect of making frames containing
sound spikes less visually obvious to the editor, it is more
useful in flagging volume differences between video clips or
within a single clip that warrant correction in the final edited
product.

The graphs of FIGS. 3 and 4A-4C illustrate only a very
short portion of an audio graph so that the effect of each step
in the processing of the raw sound data may be more easily
perceived. The graph of FIG. 4D is more representative of an
actual audio summary graph that an editor would see when
creating an EDL,, as each of these graphs covers 15,000 video
frames covering about 8.3 minutes of video. Note that even
though the density of audio sample points has been reduced to
the minimum number necessary to perceive and correct spu-
rious sound spikes (i.e. one sample point per frame) that the
density of sample points is too high to allow the easy percep-
tion of the sound spikes occurring at frames 2000 and 13600.

To make these two sound spikes easily visible, the audio
digest server 21 is programmed to “flag” every video frame or
group of frames having an audio level that is higher than a
preselected amplitude. In the example illustrated in FIG. 4E
such flagging is accomplished by marking every such video
frame with an arrow, although any one of a number of visual
flags or marks can be used.

FIGS. 5A and 5B illustrate the operation of the browser-
based audio level controls that an editor can use to uniformly
raise or lower the sound volume of a particular segment of the
audio graph. FIG. 5A illustrates a case wherein the volume of
a particular video clip between minutes 16 and 18 has a
significantly lower volume than the video clips on either side
of'it. If uncorrected, abrupt volume changes would occur to



US 9,251,850 B2

9

the viewer at the beginning and end of this video clip. The
browser-based volume controls of the system allow the editor
to uniformly raise the volume of the low-volume segment by
first swiping his mouse horizontally over the low-volume clip
while simultaneously holding down the right-click button to
draw a horizontal double-headed arrow over the segment.
Next, the editor pulls up the double headed arrow on either
side by two vertical click and drag operations, as is indicated
by the short vertical arrows. As is illustrated in FIG. 5B, this
operation raises the double-headed arrow and at the same
time adjusts the volume levels of the video clip below the
arrow upwardly to where they match the volume levels of
video clips on either side.

FIGS. 6A and 6B illustrate how the operation of the
browser-based audio level controls can raise or lower the
volume of a particular segment of the audio graph in a ramp-
like fashion. FIG. 6A illustrates a case wherein the volume of
a particular video segment between minutes 14 and 16 has a
significantly lower volume than the preceding segment at its
beginning but increases in volume near its end to a level
approximately the same as the successive segment. In such a
case, the editor again swipes his mouse over the segment
while simultaneously holding down the right-click button to
draw a horizontal double-headed arrow over the segment. But
instead of clicking and vertically dragging the double-headed
arrow on both ends (as was the case in FIGS. 5A and 5B) the
editor clicks and vertically drags the double-headed arrow
upwardly on only one end as indicated in FIG. 6B. Such an
operation achieves a uniform volume level between the video
segment between minutes 14 and 16 and the surrounding
video segments.

FIG. 7 is a screen shot of the browser screen 16 of the
editing station 12 of an NLE system incorporating the audio
level controls of the invention. The screen 16 of the editing
station 12 simultaneously displays the thumbnails of the
proxies of the video clips ingested into a story directory. In
this example of the invention, the editor has double-clicked
the thumbnail of the fifth video segment from the left, which
is playing on the small screen located on the upper right
corner. In this example, the audio level control system is
simultaneously displaying the audio graphs of two sound
channels of several serially-connected video clips on the
screen of the browser, although the system could display the
audio graphs of as many sound channels are present in the
proxy file. The editor may use the standard web browser
controls to adjust the volume of any particular clip or segment
of either of the two audio graphs in the manner previously
described.

FIGS. 7 and 8 in combination illustrate how the browser-
based audio level controls may allow an editor to “zoom” into
sound spikes in the audio graphs to determine whether or not
the volume associated with a sound spike needs to be lowered
or left in place. The vertical arrow in FIGS. 5A and 5B
indicate the location of the sound spike located at about
minute 4 in the audio graph. To zoom into this region of the
sound track, the editor merely double clicks the vertical
arrow. Once this is done, only the audio graph of'the 150 video
frames in front of and in back of the frame with the sound
spike is displayed on the screen 16 of the editing station, as
shown in FIG. 8. A the same time, the system 1 automatically
plays the 150 video frames in front of and in back of the spike
on the small screen located in the upper right-hand corner of
FIG. 7. The playback of the 10 seconds of video containing
the spike is usually enough time for the editor to determine if
the spike represents a spurious sound (such as a dropped
microphone) which should be edited out of the final product,
or a legitimate sound (such as a gunshot in a military battle)
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which should be left in. If a ten-second window of surround-
ing video is not enough time for the editor to put the sound
spike in sufficient to make an editing decision, the editor may
enlarge the playback window surrounding the spike.

While the invention has been described in detail with par-
ticular reference to certain preferred embodiments thereof; it
will be understood that variations and modifications can be
effected within the spirit and scope of the invention, which is
limited only by the appended claims and equivalents thereof.

The invention claimed is:

1. A non-linear, proxy-based editing system, comprising:

a proxy file generator that generates a lower resolution
proxy file of source video files containing both video and
audio information;

an audio summary file generator that generates an audio
summary file from the audio information in the proxy
file by providing a single audio level for each video
frame of the proxy file;

an icon generator that generates an image representative of
each proxy file;

a web user interface having a visual display for displaying
the representative icons associated with selected proxy
files and their associated audio level summary files, and

a digital controller connected to the proxy file generator,
the audio summary file generator, the icon generator, and
the web user interface,

wherein, the digital controller simultaneously displays on
the visual display a graph of the audio summary files of
at least two source video files that includes a time axis in
units of video frames, and an amplitude axis in units of
audio level, and further displays both the audio summary
files and the representative icons associated with the at
least two source video files in serial chronological order,
and further provides the web user interface with audio
level controls for adjusting the audio level of some or all
of the graph,

wherein the digital controller displays the audio level in the
graph on a logarithmic scale in decibels, and provides
the web user interface with an attenuation control that
allows a user to simultaneously attenuate the audio level
of every video frame that is higher than a preselected
maximum audio level to a preselected audio level.

2. The non-linear editing system of claim 1, wherein the
audio summary file generator determines the single audio
level per video frame by selecting the highest audio level
within the frame that lasts a sufficiently long time to be
audibly perceived.

3. The non-linear editing system of claim 1, wherein the
audio summary file generator determines the single audio
level per video frame by selecting the highest audio level
within the frame that lasts at least about 5 milliseconds.

4. The non-linear editing system of claim 1, wherein the
digital controller further provides a visual indication on the
graph ofthe location of every frame or group of frames having
an associated audio level that is higher than a preselected
maximum audio level.

5. The non-linear editing system of claim 1, wherein the
digital controller provides the web user interface with a zoom
control that allows a user to selectively zoom into and play a
portion of the proxy file that includes the frame or group of
frames designated by a visual indication in order to make an
editing decision.

6. The non-linear editing system of claim 1, wherein when
two or more proxy files are assembled into a final edited
product, the digital controller simultaneously and serially
displays on the visual display the audio summary file graphs
of'the assembled proxy files to allow a user to selectively raise
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or lower the audio levels at the transition point between the
two proxy files to avoid abrupt changes in volume.

7. The non-linear editing system of claim 1, wherein the
audio summary file generator includes an audio summary file
server which exports the audio information in the source
video file to a processor outside of the non-linear editing
system along with processing instructions for converting the
audio information into an audio summary file, and which
imports the audio summary file generated by the outside
processor.

8. A non-linear, proxy-based editing system, comprising:

an ingestion station;

a source file repository that stores media source files
formed from a plurality of source video frames copied
from memory cards read by the ingestion station;

a proxy file generator that generates a lower resolution
proxy file of source video files containing both video and
audio information by generating a lower resolution
video frame for each source video frame;

an icon generator that generates an icon associated with
each proxy file that includes one of the lower resolution
video frames of the proxy file;

an audio summary file generator that generates an audio
summary file from the audio information in the source
video files that provides a single audio level for each
video frame of the proxy file;

aweb user interface having a visual display for displaying
a selected one of the proxy files and its associated icon
and audio summary file, and
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a digital controller connected to the proxy file generator,
the icon generator, the audio summary file generator, and
the web user interface,

wherein, the digital controller simultaneously displays on
the visual display the icons associated with at least two
of the proxy files, and a graph of the audio summary file
of the two proxy files that includes a time axis in units of
video frames, and an amplitude axis in units of audio
level, and provides the web user interface with audio
level controls for adjusting the audio level of some or all
of the graph, and

wherein both the icons and the graphs of the audio sum-
mary files of the proxy files are simultaneously dis-
played in serial chronological order, and

wherein the digital controller displays the audio level in the
graph on a logarithmic scale in decibels, and provides
the web user interface with an attenuation control that
allows a user to simultaneously attenuate the audio level
of every video frame that is higher than a preselected
maximum audio level to a preselected audio level.

9. The non-linear editing system of claim 8, wherein the
audio summary file generator determines the single audio
level per video frame by selecting the highest audio level
within the frame that lasts a sufficiently long time to be
audibly perceived.

10. The non-linear editing system of claim 8, wherein the
audio summary file generator determines the single audio
level per video frame by selecting the highest audio level
within the frame that lasts at least about 5 milliseconds.
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